Hybrid beamforming provides a promising solution to achieve high data rate transmission at millimeter waves. To implement the hybrid beamforming at the transceiver, a common solution is to decouple the transmitter and receiver functions and then optimize them separately based on given channel state information. However, many references ignore the complexity of the high-dimensional channel estimation problem or the effort for the subsequent step of computing the singular value decomposition of a large channel matrix. To this end, we present a low-complexity scheme that exploits implicit channel knowledge to facilitate the design of hybrid beamforming for frequencyselective fading channels. The implicit channel knowledge can be interpreted as a coupling of the channel and all pairs of possible analog beamforming vectors at the transmitter and receiver, and it is obtained by receiving the transmitted pilots. Based on the received pilots, different effective channel matrices are constructed in the sense that the matrix elements are essentially the coupling coefficients. Instead of calculating mutual information, we use the Frobenius norm of the effective channel as a key parameter of the hybrid beamforming gain. As a result, the complicated hybrid beamforming problem becomes a much simpler one: it amounts to trying different sets of the large-power received pilots to construct multiple alternatives for the effective channel matrix. Then, the set yielding the largest Frobenius norm provides the solution to the hybrid beamforming problem.
I. INTRODUCTION
With the rapid increase of data rates in wireless communications, bandwidth shortage is getting more critical.
Therefore, there is a growing interest in using millimeter wave (mm-wave) for future wireless communications taking advantage of the enormous amount of available spectrum at frequencies > 6 GHz [1] . Measurements of Hsiao-Lan Chiang, Wolfgang Rave, Tobias Kadur, and Gerhard Fettweis are with the Vodafone Chair Mobile Communications Systems, Technische Universität Dresden, Germany, e-mail: Hsiao-lan.Chiang, Wolfgang.Rave, Tobias.Kadur, Gerhard.Fettweis@tu-dresden.de. arXiv:1709.07273v1 [cs.IT] 21 Sep 2017 mm-wave channel characteristics presented in [2] - [5] show that the path loss in such environment is very severe.
In order to improve capacity and service quality, mm-wave small-cell deployment together with beamforming for large antenna arrays is seen as a promising approach [6] [7] . When systems operate at mm-wave frequency bands, it is infeasible to equip each antenna with its own radio frequency (RF) chain due to high implementation cost and power consumption. Accordingly, a combination of analog beamforming (operating in passband) [8] [9] and digital beamforming (operating in baseband) [10] can be one of the low-cost solutions, and this combination is commonly called hybrid beamforming [11] - [14] .
Although both the analog and digital beamforming use the same word beamforming, only the former has a specific geometrical meaning in the sense of directing or collecting energy towards specific angles using the so-called array pattern of an antenna array. In contrast, the latter has rather an algebraic meaning, that is, a coefficient matrix.
According to the functions of analog and digital beamforming, the hybrid beamforming can be regarded as first converting a high-dimensional over-the-air channel matrix H in the spatial domain into an effective channel H E of significantly smaller dimensions 1 in the selected beam space by the analog beamforming. Then, in the selected beam space, one can further design the coefficients defined in the digital beamforming according to some optimality criteria, e.g., to maximize mutual information.
Unquestionably, it is intractable to deal with the hybrid beamforming at the transmitter and receiver simultaneously because there are four unknown matrices (two analog and two digital beamforming matrices) that are needed to address the surrounding environment appropriately. To avoid dealing with all these issues at the same time, one can simplify the problem by initially assuming that the channel matrix is known. Then the problem of hybrid beamforming on both sides (i.e., finding the precoder and combiner) can be solved by utilizing the singular value decomposition (SVD) of the channel matrix [12] , [15] - [17] , where the properties of codebooks used for the analog beamforming are incorporated into the problem as an additional constraint. For frequency-flat fading channels, a single SVD computation suffices, while more than ones become necessary to handle multi-carrier modulation in frequency-selective fading channels. An alternative to decouple the transceiver is based on the assumption that either the transmitter or receiver employs fully digital beamforming in order to facilitate low-complexity hybrid beamforming based on given channel state information (CSI) [18] [19] . Unfortunately, the overhead of some preliminary works, such as the channel estimation for large-scale antenna arrays [20] - [22] , make the previously proposed solutions difficult to obtain.
A feasible alternative that decouples the four unknown matrices is therefore introduced as follows. Generally speaking, given candidates of analog beamforming vectors selected from the given codebooks on both sides, finding the optimal solution to the digital beamforming problem is trivial in the sense that it is almost equivalent to the conventional fully digital beamforming apart from different power constraints [23] . As a result, the critical issue of hybrid beamforming is definitely the analog beam selection. The work in [24] explains why the analog beam selection based on the power of the received pilot can be equivalent to that by the orthogonal matching pursuit (OMP) algorithm [25] . This happens when the analog beamforming vectors are selected from orthogonal codebooks (intuitively such codebooks acts as complete dictionaries in terms of compressed sensing techniques). However, the result of the analog beam selection technique based on the received power can be further improved because the corresponding effective channel H E is not necessarily well-conditioned [26] [27] . In simpler words, the factor dominating the performance of hybrid beamforming is the singular values of H E rather than the received power.
A simple cure for the problem is that one can reserve a few more candidates of the analog beamforming vectors with respect to the large received power levels. Then, the subset of these candidates yielding maximum throughput will provide the optimal solution to the hybrid beamforming problem. Again it is evident that the computational complexity exponentially increases as the size of the enlarged candidate set. Consequently, we have a strong motivation to find a relationship between the observations for the analog beam selection and a key parameter of the hybrid beamforming gain. The relationship can be used to facilitate the process of determining the optimal analog beamforming vectors. First let us ask, what is actually the key quantity or parameter that leads to hybrid beamforming gain? Depending on the SNR, we find that it is either the Frobenius norm or the square of the determinant of the effective channel matrix H E , where the effective channel can be regarded as a coupling of the channel and analog beamforming on both sides. Such coupling coefficients can be obtained by receiving the transmitted pilots. In other words, the observations (i.e., the received pilots) used for the analog beam selection can also be used to construct the effective channel matrix H E . Accordingly, the collected received pilots yielding the maximum value of the key parameter gives us the necessary information to optimally select the analog beamforming vectors.
The main problem statements and contributions of the proposed algorithm are summarized as follows:
1) Most hybrid beamforming methods in the literature are implemented based on the explicit CSI and ignore the complexity of high-dimensional channel estimation or SVD. To avoid the channel estimation, this paper therefore presents a method that uses implicit CSI (i.e., the received pilots or coupling coefficients) to directly construct the hybrid beamforming at the transmitter and receiver.
2) To simplify the joint problem of the precoder and combiner, some previously proposed methods decouple these two by the assumption that either the transmitter or receiver employs fully digital beamforming.
However, the assumption is not necessary; this paper shows that the precoder and combiner can be constructed simultaneously based on the received coupling coefficients with reasonable complexity.
3) Compared with existing approaches to hybrid beamforming, we propose a different perspective on problem Fig. 1 . The transceiver has hybrid analog-digital beamforming structures at both the transmitter and receiver, where DBF is short for digital beamforming. Each analog beamforming vector contains multiple phase shifters connecting to one RF chain, which includes a digital-to-analog converter (DAC) at the transmitter or an analog-to-digital converter (ADC) at the receiver. solving by using the Frobenius norm of the effective channel as the key parameter to determine the hybrid beamforming gain. This significantly alleviates the complexity of the problem. Although codebook training effort is still non-negligible, it appears unavoidable in any case or for any type of approach. This rest of the paper is organized as follows: Section II describes the models for the system and the mmwave frequency-selective fading channel. Section III defines the objective function and formulates precisely the optimization problem of hybrid beamforming. Based on the objective function, a solution is outlined that leads to the implicit-CSI-based hybrid beamforming algorithm presented in Section IV. A theoretical analysis in terms of statistical noise occurring in the proposed method is detailed in Section V. To support this analysis, simulation results are presented in Section VI, and we conclude our work in Section VII.
We use the following notations throughout this paper. a is a scalar, a is a column vector, and A is a matrix. a n denotes the n th column vector of A; [A] n,n denotes the n th diagonal element of A; II. SYSTEM MODEL Assume that the system has a transmitter with a uniform linear antenna array (ULA) consisting of N T elements and wants to communicate N S OFDM data streams to a receiver with an N R -element ULA as shown in Fig. 1 . At the transmitter, the N T antenna elements connect to a precoder F P F B [k] at each subcarrier k = 1, · · · , K consisting of a analog beamforming matrix F P ∈ C NT ×NRF (implemented in passband as part of the RF front end) and a digital beamforming matrix F B [k] ∈ C NRF ×NS (in baseband). The value K specifies the number of subcarriers in one OFDM symbol as well as the FFT/IFFT size, and N RF denotes the number of available RF chains, assumed to be equal at both the transmitter and receiver for simplicity. Costs and power consumption impose hardware constraint on F P such that the degrees of freedom of F P are much less than that of F B [k]. Specifically, first, F P should be a constant matrix within (at least) one OFDM symbol which requires a certain coherence time of the channel . Second, the entries of F P have equal magnitude because analog beamformers are typically implemented by delay elements in the RF front end. The N RF analog beamforming vectors (also known as steering vectors) of F P are selected from a predefined codebook F = {f nf ∈ C NT ×1 , n f = 1, · · · , N F }, where N F ≤ N T . Particularly, f nf can be represented as [8] 
where φ T,nf stands for the n th f candidate of the steering angles at the transmitter, ∆ d = λ 0 /2 is the distance between two neighboring antennas, and λ 0 is the wavelength at the carrier frequency. At the receiver, the combiner
has a similar structure as the precoder, where W P ∈ C NR×NRF and W B [k] ∈ C NRF ×NS are the analog and digital beamforming matrices, respectively. Also, the columns of W P are selected from a codebook W = {w nw ∈ C NR×1 , n w = 1, · · · , N W }, where N W ≤ N R and the columns of W can be generated by the same rule as (1) .
Via a coupling of the precoder, combiner, and a frequency-selective fading channel H[k] ∈ C NR×NT , the received signal r[k] ∈ C NS×1 at subcarrier k can be written as 
which can also be regarded as the power constraints on the precoder and combiner.
Properties of mm-wave channel have been widely studied recently, and simulation models have been developed accordingly. The most comprehensive one can be found in [5] k, the channel matrix can be written as
where the channel characteristics are given by the following parameters:
• α c,r ∈ R >0 describes the inter-and intra-cluster power, where the mean of difference between light-of-sight (LoS) and NLoS cluster power values is 20 dB, and P = C c=1 R r=1 |α c,r | 2 corresponds to the total power of all C · R paths 3 .
• Frequency-selective properties of the channel are specified in terms of quantized-normalized delays (i.e. delay indices measured in unit of the sampling interval) l c,r = τ c,r F S ∈ R ≥0 , where τ c,r and F S stand for the path delay and sampling rate.
• Intra-cluster angle of departure (AoD) φ D,c,r of ray r in cluster c is characterized by its mean φ D,c , cluster-wise root mean square (RMS) angle spread of departure angles c D , and offset angle ∆ r for ray r, see Fig. 2 ,
where the statistical assumption on φ D,c ∼ U(− π 2 , π 2 ), c D and ∆ r are respectively given in [5] Table 7 .5-3 and 7.5-6. In the same way, one can generate intra-cluster angle of arrival (AoA) φ A,c,r .
• The departure array response vector a D (φ D,c,r ) with unit euclidean norm has entries of equal magnitude and is a function of AoD only (due to the assumption that ∆ d = λ 0 /2) shown as
The corresponding arrival array response vector a A (φ A,c,r ) has the same form as (6) . 3 The path loss value, which is influenced by environment (urban or rural), propagation medium (dry or moist air), distance between the transmitter and receiver, and height and location of antennas, is described in the averaged received power ρ in (2).
III. PROBLEM STATEMENT
The objective of the precoder matrices F P F B [k] ∀k and the associated combiner matrices W P W B [k] ∀k is to achieve maximum throughput across all the subcarrier subject to the constraints on F P , W P ,
∀k, i.e. we seek matrices that solve
where the last two constraints are the consequences of (3) and the throughput for subcarrier k is defined as [18] 
The solution to (7) are denoted as
The original problem shown in (7) is too difficult to solve; therefore, we reformulate it in an alternative way as follows. Given two sets I F and I W containing the candidates of F P and W P , the achievable data rate in (7) is greater than or equal to
These two versions of the hybrid beamforming problems will have the same data rates if I F and I W contain F P,Opt and W P,Opt , respectively.
The reformulated problem in (9) becomes simpler because, given F P and W P , the inner problem is equivalent to conventional fully digital beamforming designs subject to different power constraints have already provided solutions to obtain the local maximum throughput I LM (F P , W P ) [10][23] [29] . In simpler words, the critical issue of hybrid beamforming is to solve the outer problem by an additional maximization over all members of I F and I W . Therefore, the motivation is to find I F and I W , which ideally contain F P,Opt and W P,Opt and perhaps few other candidates, and then select a pair of (F P , W P ) from I F and I W leads to the maximum throughput.
IV. HYBRID BEAMFORMING ALGORITHM BASED ON IMPLICIT CSI

A. Initial analog beam selection
To begin with, let us see how to obtain the sets I F and I W in (9) from the given codebooks F and W, which can be orthogonal or non-orthogonal ones. We call this step "initial analog beam selection". Since the hardwareconstrained analog beamforming matrices F P and W P cannot be replaced by the identity ones, one has to train all columns of the codebooks F = {f nf , n f = 1, · · · , N F } and W = {w nw , n w = 1, · · · , N W } by transmitting known
For this purpose we use one OFDM symbol to train every beam pair. Then, the observation used for the analog beam selection at subcarrier k for a specific beam pair,w nw and f nf , is obtained by correlating the received signal with its transmitted pilot
Similar observations become available on all the subcarriers k = 0, · · · , K, and the combined noise z nw,nf [k] ∼ CN (0, σ 2 n ) still has a Gaussian distribution with mean zero and variance σ 2 n due to rotational symmetry of the original noise probability density function (PDF). The observation y nw,nf [k] can also be viewed as a coupling coefficient corresponds to a pair of single beamforming vector on both sides over the channel.
Borrowing the idea from our previous work in [24] [30], it shows that if the columns of F and W are orthogonal, the sum of the power of K observations in one OFDM symbol is the minimum-variance unbiased (MVU) estimate of the received power level and can be directly used for analog beam selection, so that the M (assume M ≥ N RF ) analog beam pairs can be selected individually and sequentially by the following selection criterion
where m = 1, · · · , M and F = {f P,n , n = 1, · · · , m − 1} and W = {ŵ P,n , n = 1, · · · , m − 1} are the sets containing already selected analog beamforming vectors during the iterations 1 to m−1. We assume that M ≥ N RF for the reason that the first N RF selected analog beams according to the sorted magnitude of K−1 k=0 |y nw,nf [k]| 2 may not always lead to the optimal solution. Specifically, we do not consider the effect of the digital beamforming during the analog beam selection phase. To achieve the optimal solution, one has to further take into account the linear combination of N RF analog beamforming vectors with coefficients defined in the digital beamforming.
After selecting M analog beam pairs, we define two sets I F and I W containing all the combinations of any N RF distinct analog beamforming vectors selected from {f P,m , m = 1, · · · , M } and {ŵ P,m , m = 1, · · · , M }, respectively, which can be written as
where the cardinality I F = I W = M NRF of both sets is given by the binomial coefficient. The notation F P,if and W P,iw denote the i th f and i th w candidates of the analog beamforming matrices F P and W P . When M becomes large, there is a high probability that I F and I W contains the global optimum solution F P,Opt and W P,Opt . One schematic example is given as follows. The channel realization as depicted in Fig. 3 has two paths. First, in Fig. 3 (a), it shows two analog beam pairs selected according to the sorted power level estimates that steer towards these two paths (highlighted in red). Before the digital beamforming comes into play, the analog beamforming vectors would be used with the same weighting.
If more than N RF = 2 analog beam pairs are reserved according to the criterion expressed in (11), more options with digital beamforming can be explored. In this example, with M = 4, we have I F = I W = M NRF = 4 2 = 6 members in both I F and I W , see Fig. 4 . We can enumerate them explicitly as
For instance, F P,1 = [f 5 ,f 6 ] and W P,1 = [w 3 ,w 4 ]. Therefore one can try all 36 pairs of the members of I F and I W to determine the optimal weightings defined in the digital beamforming that can yield the maximum throughput, which will be detailed in the following sections. In general there will be a competition between spatial multiplexing gain over different propagation paths and power gain available from the dominant path. In this case, as shown in Fig. 3(b) with the beams highlighted in blue, the two analog beam pairs steering to the dominant path leads to higher spectral efficiency. However, which beamforming strategy leads to higher throughput with a higher probability it is not clear beforehand.
B. Digital beamforming
After the initial analog beam selection, we are in possession of the two sets I F and I W that contain candidates of F P and W P , and the objective is to rapidly find the optimal solution to the joint hybrid beamforming problem.
Before going into the detail of our proposed scheme, let us review the relationship between the analog and digital beamforming. Given one particular choice (F P,if , W P,iw ) selected from the candidate sets I F and I W , it is clear that the goal of digital beamforming is to maximize the local throughput I LM (F P,if , W P,iw ) as defined in (9) with the objective function shown as
where
is given by (8) with F P = F P,if and W P = W P,iw . As a consequence, for subcarrier k the digital beamforming problem can be formulated as throughput maximization problem subject to the defined power constraints, which can be stated as
where i = (i f − 1)I W + i w is an index specifying the combined elements from I F and I W . To proceed, we take advantage of the following mathematical results: 
The condition tr(F
Proof: see Appendix A.
Lemma 2. Given F P,if , W P,iw , and 
Proof: see Appendix B.
It is worth noting that the effective channel H E,i 
The same solution to F B [k] with different explanations can be found in [18] [19] as the constraint on the transmit power is similar. At the receiver, the power constraint on W B [k] is not necessarily the same which leads to a different solution.
C. Key parameter of hybrid beamforming
As discussed above, given pairs of elements selected from I F and I W and the corresponding optimal digital beamforming matrices, we can evaluate the local maximum throughput
where (a) follows from Appendix B and the diagonal elements of Σ E,i [k] are the singular values of the effective channel H E,i [k]. Based on the candidate set {(F P,if , W P,iw ) | ∀i f , ∀i w }, the pair that leads to the maximum throughput provides the approximation of the optimal analog beamforming matrices, denoted as (F P ,Ŵ P ), as well as the solution to the hybrid beamforming problem in (9) F P ,Ŵ P = arg max
However, this way of solving the problem requires the SVD of {H E,i [k]} K−1 k=0 to obtain I LM (F P,if , W P,iw ) for each pair, which means that we have to repeat the calculation as many as M NRF 2 times.
To reduce the potentially large computational burden, we ask ourselves what are the crucial parameters or indicators that determine the throughput. To find an answer more easily, let R s = 1 NS I NS (equal power allocation), so that the maximum achievable throughput at subcarrier k becomes
where i = (i f − 1)I W + i w and γ = ρ NSσ 2 n is the SNR. To analyze the key parameters, we focus on the high and low SNR regimes. First, in the low SNR regime (γ → 0), using the fact that log(1 + γx) ≈ γx as γ → 0, the achievable data rate in (19) can be approximated by On the other hand, in the high SNR regime (γ → ∞), using log(1 + γx) ≈ log γx as γ → ∞, the achievable data rate in (19) is approximated by
which again holds with equality in (c) iff N RF = N S since
To summarize these arguments, either the Frobenius norm or the absolute squared determinant of the effective channel matrix H E acts as the key parameter for the system throughput, shown as
where f (H E,i [k]) denotes one of the two functions with the argument H E,i [k] given by 
where the elements of Y i [k] can be collected from the observations. For example, if F P,if = [f P,1 , · · · ,f P,NRF ]
and W P,iw = [w P,1 , · · · ,w P,NRF ], wheref P,nrf is the n th rf column of F andw P,nrf is the n th rf column of W,
Therefore, given a pair (F P,if , W P,iw ) selected from I F and I W , one can rapidly obtain the approximation of
To conclude, the proposed solution can be stated as: first obtain the candidate sets (I F and I W ) and the approximation of H E,i [k] from the observations (or coupling coefficients) {y nw,nf [k] ∀n w , n f , k}, and then solve the maximization problem in (18) , which can be rewritten as
According to the selected index pair (î f ,î w ), the selected analog and corresponding digital beamforming matrices are given byF P = F P,îf ,
). The complete proposed algorithm of the hybrid beamforming implementation based on the implicit CSI (i.e., the coupling coefficients {y nw,nf [k], ∀n w , n f , k})
is shown in Algorithm 1, where the key parameter for operation in the low SNR regime is used. The advantage of the proposed algorithm is that, even though the number of members of I F and I W is large, the computational overhead is minor because we just need to calculate the Frobenius norm of the effective channel, whose elements can be easily obtain from the observations {y nw,nf [k], ∀n w , n f , k}.
D. Water-filling power allocation
In the previous subsection, we simply assume that the transmit power is equally allocated to N S data streams to facilitate the process of finding the key parameter. In this subsection, we consider that both the analog and digital beamforming matrices are selected, then the global maximum throughput can be further improved by optimizing the power allocation for N S data streams according to the effective channel condition H E,î [k] at each subcarrier.
Let the covariance matrix of the transmitted signal be
then the optimal power allocation subject to the total power constraint is given by [23]   m = 1, · · · , M, F = {f P,n , n = 1, · · · , m − 1}, W = {ŵ P,n , n = 1, · · · , m − 1}.
3.
Generate two candidate sets I F and I W based on {f P,m ∀m} and {ŵ P,m ∀m} respectively.
4.
Part II -Analog beam selection by the key parameter
7.
Output:F P = F P,î f andŴ P = W P,îw .
8.
Part III -Corresponding optimal digital beamforming
, whereî = (î f − 1)I W +î w and k = 0, · · · , K − 1.
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Output:
Applying the standard technique of using a Lagrange multiplier to solve this problem, we havê
where the constant µ satisfies the following equality 
where the elements of the matrix Z E,i [k] follow the Gaussian distributions and the covariance matrix of vec(Z E,i [k])
is derived in Appendix C,
The objective function of the maximization problem in (27) for the low SNR case can be expressed as the sum of a contribution from the true key parameter value plus some noise term
2 F estimated value of the key parameter
F true value of the key parameter
To analyze the noise effect, we introduce the quantities
Then, given a constant channel matrix (i.e., one channel realization) and analog beamforming matrices F P,if and W P,iw , we can pursue the analysis of U and V for orthogonal and non-orthogonal codebooks as follows.
A. Orthogonal Codebooks
When the columns of F P,if and W P,iw are orthogonal, from (33) we know that the elements of vec(Z E,i [k]) are i.i.d. complex Gaussian random variables with mean zero and variance σ 2
Therefore, U is the sum of N 2 RF i.i.d. absolute squared Gaussian random variables. As a consequence, each term of U individually follows a Gamma distribution with the shape parameter 1 2 and scale parameter σ 2 n as well as U itself whose shape parameter becomes N 2 RF :
Also, given one realization of the channel, denoted as H [k], V has a normal distribution with mean zero and variance 2σ 2 
and E[V ] = 0 Unfortunately, the variance of V , which is a function of F P,if and W P,iw , is too complicated to have a closed-form expression.
From the analysis results, we can find that the distributions of U and V for non-orthogonal codebooks are both functions of F P,if and W P,iw , which means that the estimated value of the key parameter,
with respect to different pairs (F P,if , W P,iw ) whose columns are non-orthogonal seriously suffers from the noise with different distributions. As a consequence, the estimate Ĥ E,i [k] 2 F may become unreliable for some pairs. In our numerical results, we will show an example to illustrate the difference in performance between orthogonal and non-orthogonal codebooks.
VI. SIMULATION RESULTS
A comprehensive frame structure for the new radio in defined [31] ; based on this reference, the simulation parameters are defined as follows. The system has N T = N R = 32 antennas, N RF = 2 analog beamforming vectors, N S = 2 data streams, FFT/IFFT size N F T = 2048, sampling rate F S = 153.6 MHz, bandwidth of 100
MHz, and carrier frequency of 38 GHz. The cluster-based channel model has C = 5 clusters including one LoS and four NLoS clusters, and each cluster has R = 8 rays. The noise variance is given by σ 2 n = ρ NS 10 −γ/10 , where γ (dB) is the SNR. The water-filling power allocation is applied for all the simulated data rates. Furthermore, to clearly present the simulation results, we also show the ratio of the throughput by the reference and proposed methods to that by the fully digital beamforming. The achievable throughput by the fully digital beamforming is given by In what follows, a complete analysis including two different types of codebooks is given.
A. Orthogonal codebooks
Assume that codebooks F and W have the same number of steering vectors, N F = N W = 32. When the columns of F and W are orthogonal, the 32 steering spatial frequency indices are equally distributed in the spatial frequency domain and the corresponding steering angles are: 180 • π · sin −1 2ν 32 , ν = −15, · · · , 16 , where ν denotes the spatial frequency index [32] [33] . the gap is supposed to be smaller.
Previously, the example in Fig. 3 shows that the data rate can be improved by reserving more candidates of pairs, the achievable data rates are saturated and stay almost the same; this means that the set size M NRF = 4 2 = 6 of I F and I W is sufficient. Therefore, we do not show results with more than M = 4 initially selected beam pairs. Also, cases of the noise-free observations in Algorithm 1 are also considered. Without the noise effect, the performance of both the initial analog beam selection (Algorithm 1, Part I) and analog beam selection by the key parameter (Algorithm 1, Part II) can be improved in the low SNR regime, especially for SNR< 0 dB.
B. Non-orthogonal codebooks
Now assume that the columns of F and W are non-orthogonal and the N F = N W = 32 candidates of the steering angles in the codebooks are equally distributed in the angle domain: −90 o + 180 o ·nf NF , n f = 0, · · · , N F − 1 . As discussed in Subsection V-B, the estimated value of the key parameter with respect to different analog beamforming pairs whose columns are non-orthogonal seriously suffers from the noise with different distributions.
In Fig. 8 , it clearly show the different in performance between the throughput with and without the noise effect. are much larger than that of U 2 . In this case, the pair (F P,1 , W P,1 ) has a higher probability to be selected than (F P,2 , W P,2 ) because of the value of U 1 instead of the true value of the key parameter. On the other hand, the effect of V 1 and V 2 on the key parameter seems minor compared with U 1 and U 2 . The distributions of the noise shown in Fig. 10(a) can explain why the throughput cannot be improved as M is getting larger. For orthogonal codebooks, only the distribution of V is a function of (F P,if , W P,iw ), and fortunately the effect of V on the estimate of the key parameter is minor. Fig. 11 shows the normalized achievable throughput with M = 3 initially selected analog beam pairs by three methods Eigenvalue, Frob. norm and Determinant, where the throughput by the three methods are all normalized to that by Fully DBF (the curve Fully DBF shown in Fig. 5 ). From Fig. 6 and 11 , we can find that no matter what kind of codebooks is used, in the low SNR regime, the achievable data rate by Eigenvalue and Frob. norm are nearly the same 5 , and they are all greater than that by Determinant. When targeting at 80% of the data rate achieved by Fully DBF, the required SNR levels of the three methods with M = 3 are 6 dB for both Eigenvalue and Frob. norm, and 7.5 dB for Determinant. Compared with the results shown in Fig. 6 with the orthogonal codebook, it requires larger SNR values to achieve the same throughput. One of the reasons is that the orthogonal codebook performs better than the non-orthogonal one when the AoDs and AoAs are uniformly distributed [32] ; moreover, the distribution of the effective noise dramatically vary with different analog beam pairs. 5 The result that Eigenvalue and Frob. norm achieve almost the same data rates when M = 3 means thatΣ 2 E,i [k] ∀k used in Eigenvalue also suffer from seriously noise effect as the case in Frob. norm. This part is left for future work.
VII. CONCLUSION
This paper presents a novel strategy for the implementation of hybrid beamforming. It shows that the hybrid beamforming matrices at the transmitter and receiver can be easily constructed based on the received coupling coefficients so that the high-dimensional channel estimation and singular value decomposition are unnecessary. The idea behind this approach is simple: efficiently evaluating the key parameter, such as the Frobenius norm of the effective channel matrices, to implement the hybrid beamforming based on the estimates of received power levels.
Since the key parameter of the hybrid beamforming gain is a function of the effective channel matrix, which has much lower dimension typically, it is not difficult to try a (small) set of possible alternatives to find a reasonable approximation of the optimal hybrid beamforming. The improvement achieved by the additional alternatives can be viewed as diversity effect that is available from multiple different pairs of array patterns. Moreover, the effective channel matrix can be obtained from the received coupling coefficients. This avoids acquiring the explicit channel estimation and knowledge of the specific angles of the propagation paths. Instead, the implicit channel knowledge that which beam pairs produce the strongest coupling between transmitter and receiver is enough in a sense.
Compared with the hybrid beamforming methods based on the explicit CSI, the proposed algorithm facilitates the low-complexity hybrid beamforming implementation and should be even robust to deviations of the true beam patterns from certain desired ideal patterns, which is a weak point of all methods based on compressed sensing techniques.
VIII. APPENDIX
